Abstract-The Long Term Evolution (LTE) is a high data rates and fully All-IP network. It is developed to support well to multimedia services such as Video, VoIP, Gaming, etc. So that, the real-time services such as VoIP, video, etc. need to be optimized. Nevertheless, the deployment of such live stream services having many challenges. Scheduling and allocating radio resource are very important in LTE network, especially with multimedia services such as VoIP. When voice service transmitted over LTE network, it is affected by many network impairments where there are three main factors including packet loss, delay, and jitter. This study proposes a new scheduler which is based on VoIP priority mode, Wideband (WB) E-model, QoS-and Channel-Aware (called WE-MQS-VoIP Priority scheduler) for voice services in LTE downlink direction. The proposed scheduling scheme is built based on the WB E-model and Maximum Queue Size (MQS). In addition, we integrate the VoIP priority mode into our scheduling scheme. Since the proposed scheduler considers the VoIP priority mode and user perception, thus, it improves significantly the system performance. The results demonstrate that the proposed scheduler not only meets QoS demands of voice calls but also outperforms Modified Largest Weighted Delay First (M-LWDF) in terms of delay, Packet Loss Rate (PLR) for all number of user (NU) and excepting NU equals 30, respectively. For Fairness Index (FI), cell throughput, and Spectral Efficiency (SE), the difference among the packet schedulers is not significant. The performance evaluation is compared in terms of Delay, PLR, Throughput, FI, and SE.
I. INTRODUCTION
In the digital device market, there are many smart mobile phones such as iPhone, iPad, Android, etc. which is enough powerful to support various types of multimedia communications such as VoIP, Video, Gaming, etc. This means there need be a high data rate network to well support these services. LTE network is proposed by the Third Generation Partnership Project (3GPP) [1] . It has high data rates, low latency, and is fully packet-switched. In downlink direction, LTE uses Orthogonal Frequency Division Multiple Access (OFDMA). This allows supporting inter-symbol interference and selecting fading. Basic components of LTE network consists of a base station (called eNodeB or eNB) and User Equipments (UEs) in addition to a gateway [2] . The eNB station combines with core network through some standard complicated protocols.
A basic scheduler is carried out by mobile network operators in both eNB and UE for both downlink as well as uplink directions. However, according to the 3GPP, there are no firm specifications for scheduling technique in LTE network. One of the most important modules of packet scheduling is Radio Resource Management (RRM) which decides users will be scheduled. The scheduler should care throughput, service policies to subscribes [3] .
In LTE network, a full table defined which contains thresholds of delay and packet loss rate for different service classes [1] . In this table, several or all can be performed by service providers. This table divides resource types in the LTE network into two groups, those are Guaranteed Bit Rate (GBR) and Non-GBR. Table I represents the service classes in LTE network where voice service is a Guaranteed Bit Rate (GRB) service which has the second priority just after IP Multimedia Subsystem (IMS) signaling. However, in order to guarantee voice over LTE (VoLTE) quality is an extreme challenge. Real-time online gaming 5 300 10
Video streaming Non-GBR 1 100 10
IMS signaling 6 300 10
Video, TCP-based services (e.g. www, e-mail, chat, FTP, etc.) 7 100 10
Voice, video, interactive gaming 8 300 10
Video, TCP-based services (e.g. www, e-mail, chat, FTP, etc.) 9 10
In order to meet different QoS requirements for these service classes, some packet schedulers have been proposed. According to [4] , the scheduling strategies for LTE downlink are divided into five groups including:
• (1) Channel-unaware strategies;
• (2) Channel-aware/QoS-unaware strategies;
• (3) Channel-aware/QoS-aware strategies;
• (4) Semi-persistent scheduling for supporting VoIP flows;
• (5) Energy-aware strategies.
For voice traffics which are very sensitive to delay and PLR, thus, the Channel-aware/QoS-aware strategies are also very essential for them. In addition, VoLTE is really a VoIP service with the QoS guaranteed, and it is transmitted over a heterogeneous LTE network, thus, it need to have a special priority. Therefore, Semi-persistent scheduling is very essential and suitable for VolTE service. Several well-known scheduling algorithms for group 3 as FLS [5] , M-LWDF [6] , and EXP/PF [7] . In these schedulers, there is only FLS which guarantees bounded delay for real-time flows, the remaining schedulers transmit data of user in a Transmission Time Interval (TTI) by assigning a chosen priority metric. Nevertheless, due to the lack of delay and PLR thresholds, they are not suitable for supporting simultaneously real-time and non real-time traffic [2] . For group 4, authors in [8] proposed a priority mode for VoIP traffic over 3G LTE. In their scheduler, VoIP priority mode is executed when there is VoIP packet in the queue. This means VoIP packet is scheduled before any other traffic. In [9] , authors proposed a new semi-persistent scheduler. Their scheduling scheme is combination of VoIP priority mode with user coupling. This allows using efficiently system capacity. Authors in [10] proposed a new scheduling algorithm which takes into account parameters of VoIP for voice over LTE network. This algorithm is developed based on the VoIP priority mode in [8] which the metric is changed.
In this paper, we present a new downlink scheduling scheme for voice services in LTE network with the integration of VoIP priority mode. Since VoLTE is deployed in an All-IP network, thus, there need to have a special priority for it. This paper is the extension of the WE-MQS scheduler which was proposed in [11] by modifying resource allocation scheduling method. In order to do this, we propose to integrate VoIP priority mode [8] with the essential modifications. We used the WB E-model to predict MOS and use this score as a main factor in the metric. Besides, we see that, the MQS factor has significant effects on the system performance. In the LTESim [12] , this factor is fixed equal to 0. This means the MQS is infinite. So that, in the scheduling process, the MQS is not considered. However, in fact, the MQS should be a finite value because if the MQS value is infinite then the delay will increase and the congestion could be increased. Therefore, the MQS needs to be considered as a essential factor in the metric of the scheduling algorithms.
The proposed scheduler selects UEs that based on their priorities which are computed according to the following factors: the maximum MOS, the minimum remaining queue size, the maximum delay, the channel condition. This means for the UE which has the higher MOS, the lower remaining queue size, the higher maximum delay, and the higher channel condition will have the higher priority. We evaluate the performance of the proposed scheduler with the M-LWDF scheduler in a heterogeneous traffic including VoIP, Video, and non real-time service which is called INF-BUF user. The simulation results were implemented in the LTE system simulator (called LTESim) [12] and were compared in terms of Delay, PLR, Cell throughput, and FI for the number of user from 10 to 50.
The remainder of this paper is described as follows: Overview of the system model is described in section II. In section III, we present the proposed scheduling scheme. The simulation results and performance evaluation are analysed in section IV. The conclusion and future work are shown in section V.
II. THE SYSTEM MODEL
A. VoLTE traffic flow 1) Radio protocol stack: The speech frame is encapsulated by network protocols consisting of Real-time Transport Protocol (RTP), User Datagram Protocol (UDP) and Internet Protocol (IP). And then, it will be packetized by other radio protocols including Packet Data Convergence Protocol (PDCP), Radio Control Link (RLC) and Medium Access Control (MAC) at the corresponding layers. At each radio layer, the corresponding header will be added into the speech packet. This leads to data overhead. Therefore, to reduce the data overhead, Robust Header Compression (RoHC) is deployed at the PDCP layer. This allows saving bandwidth as well as enhancing voice transmission in LTE network. RoHC will presses the header size of IP packet from 40 bytes (with IPv4) or 60 bytes (with IPv6) down to 1 to 4 bytes [13] . In addition, at MAC layer, Hybrid Automatic Repeat Request (HARQ) technique is utilized to retransmit in case of FEC (Forward Error Correction) fails error correction. This allows each speech packet to be retransmitted at least from one to three times. The number of retransmissions depends on the error correction or is configured. The implemented model of VoLTE protocol stack used in LTE-Sim [12] is represented on Figure 1 .
2) Source codec: VoLTE uses AMR-WB for source codec. It is a voice codec which has been developed by European Telecommunications Standards Institute (ETSI). Details of this codec is described in [14] . AMR-WB codec utilizes a sampling rate of 16 kHz, audio bandwidth is in range of 50-7000 Hz. It includes 9 different codec modes of 0-8 which correspond to 9 source bit rates from 6.6 to 23.85 Kb/s. Each mode generates a compressed speech frame evry 20 ms. The bits in this frame are ordered according to their importance. They are grouped into three classes with reduced importance called Class A, Class B and Class C. The number of bits in each class depends on codec mode. AMR-WB packet size depends on the bit rate (mode) such as described in Table II. In LTE network, AMR-WB codecs are configured into 3 configurations [15] as follows:
• Configuration A: 6.6, 8.85, and 12.65 Kb/s (Mandatory multi-rate configuration);
• Vol. 7, No. 7, 2016 561 | P a g e www.ijacsa.thesai.org [12] and testing. The remaining bit rates are used for other purposes. In order to choose a bit rate, the receiver measures quality of radio channel. The channel quality indicator (CQI) is used for this purpose. It is defined as an equivalent carrier-tointerference (C/I) ratio. The C/I ratio then compared to a set of predefined thresholds to decide which mode to be used. Switching among modes in a configuration depends on algorithm of rate control. The criterion for mode switching is threshold value of C/I ratio. These threshold values depend on the channel condition, frequency hopping scheme, network configuration and other factors. Furthermore, network conditions change over time, so that, even well-selected adaption thresholds will not be best.
3) LTE frame structure: Figure 2 represents the structure of LTE frame for the downlink air interface [16] . In LTE downlink, a frame has length of 10 ms and is split into 10 subframes in time domain. This means each sub-frame has length of 1 ms and is split into 2 slots where each slot corresponds to 0.5 ms. In frequency domain, each slot consists of a number of resource blocks (RBs) (from 6 to 10 RBs). Each slot contains 6 or 7 Orthogonal Frequency Division Multiplexing (OFDM) symbols in normal cyclic prefixes and extended cyclic prefixes, respectively. Each time slot in frequency domain is split into bands of 180 kHz which consists of 12 consecutive subcarriers. Each RB is a basic exchanging information unit in LTE downlink direction. This means RB is a radio resource which is available for user and is defined in both frequency and time domains. In a slot, the number of RBs depends on bandwidth of LTE network [17] . A sub-frame corresponds to a TTI which is minimum transmission unit. Each TTI contains at least one transport block per UE. The size of RB is as same as for all bandwidths [18] .
B. Wideband E-model
WB E-model is a calculative model that is developed and is standardized by ITU-T [19] . The main purpose of this model is to predict quality of wideband audio. The main parameter of this model called R-factor. Its value is in range of 0-129. In order to perform user perception, R-factor is then translated into MOS score. WB E-model is defined such as in the following equation: In which:
• R 0,wb : Basic ratio of signal to noise;
• I s,wb : Simultaneous impairment factor which is sum of all impairments that may occur more or less simultaneously with voice transmission. Its default value is 0;
• I d,wb : Factor of delay impairment factor, representing all impairments due to delay of voice signals;
• I e,ef f,wb : Factor of equipment impairment, covering the effect of signal distortion due to low bit rates of the codec and packet losses of random distribution;
• A: Advantage factor which represents the fact that some users can accept a degradation of quality due to mobility of mobile networks. Its default value is 0.
In above parameters, I d,wb and I e,ef f,wb correspond to the effects of end-to-end delay and packet loss while R 0,wb and I s,wb don't depend on performance of LTE network. The R wb factor is mapped to MOS score as follows [19] :
The relationship among R-factor, user perception, and MOS socre is shown in Table III.  TABLE III Many users dissatisfied 3.1-3.6 50 ≤ R < 60
Nearly all users dissatisfied 2.6-3.1 R < 50 Not recommended < 2.6
The value of R 0,wb factor for wideband audio in equation (1) equals 129 [20] , thus, equation (1) can be rewritten as follows:
In order to calculate the R wb factor, we must to compute the values of I d,wb and I e,ef f,wb factors. The I d,wb factor is determined as follows [21] :
Where H(x) is the Heavyside function:
In equation (4), D e2e represents end-to-end delay of speech packet. It can be computed via some functions in LTE-Sim. The I e,ef f,wb is determined according to packet loss. According to [20] , I e,ef f,wb is counted as the following formula:
I e,ef f,wb = I e,wb + (129 − I e,wb ) × P pl P pl +B pl (6) In which:
• I e,wb : Impairment factor without any packet loss;
• P pl : Packet loss rate, is also computed via some functions in LTE-Sim;
• B pl : Codec specific factor that characterizes its robustness against packet loss.
The values of I e,wb , B pl for each mode of AMR-WB codec are represented in Table IV [20] . The R wb -factor is then mapped to the MOS via equations (2) . MOS is one of the important factors for the metric in the proposed scheduler.
C. Semi-persistent scheduling
This is a hybrid method of Dynamic scheduling and Persistent scheduling [9] . VoIP packets uses a small quantity of control signaling to determine the channel quality after every fixed interval and persistently schedules the VoIP packets. This supports best to VoIP traffics due to its controlled dynamic nature and utilization of small control signaling.
D. VoIP priority mode
VoIP priority mode is proposed by Sunggu Choi and others in [8] , it allocates RBs for VoIP calls before any other traffic. The limitation of this method is that when VoIP calls density is high, other traffics are not allocated. However, the authors already solved this problem by complementing a duration procedure. It is controlled dynamically to adjust consecutive TTIs according to total drop ratio of the packets measure at the eNodeB. In this mode, RBs are allocated based on Channel Adaptive Fair Queuing [22] . The metric of the scheduler in VoIP priority mode is determined based on queue length and Signal to Interference-plus-Noise Ratio (SINR) and is calculated as the following equation:
Where (Q l ) is queue length and (γ) is SINR of active VoIP call i. Formula (7) indicates that UE which has the longer queue length and the better channel quality then will have the higher priority. It can be said that, the VoIP priority mode is useful when the density of VoIP calls is high. However, the downside is that other traffic to be starved. Therefore, the duration is deployed. It is controlled dynamically and depends on total of the drop ratio of the packets measured at the eNodeB. A predefined minimum and maximum drop ratio is utilized to adjust VoIP priority duration. Specifically, the maximum count of VoIP priority duration is increased when the drop ratio is less than the minimum threshold, and the maximum count of VoIP priority duration is decreased when the drop ratio exceeds the maximum threshold because in this case there is not enough resources to allocate. If the drop ratio is in range of the min to the max threshold then the duration is kept a constant. For more details of the duration, refer to [8] .
III. THE PROPOSED PACKET SCHEDULER
In this proposal, we consider the characteristics of VoIP service. This service is sensitive to packet loss and delay, thus, scheduling process should consider various factors. Since VoLTE is transmitted over a fully packet-based network, thus, it needs to be guaranteed QoS to ensure user satisfaction. In this paper, we used the metric which was defined in [11] besides apply the VoIP priority mode for the proposed scheduling scheme.
Firstly, we define a new metric for the proposed scheduling scheme as follows: MOS is a parameter which represents user perception, thus, it should appear in the metric of scheduling algorithms. The higher MOS, the higher user satisfaction. MOS needs be automatically calculated at the receiver and is retransmitted to the eNB via feedback technique. For the MQS, according to our knowledge, there are no articles which mention about it. We think that, this factor has strong effects on the system performance. In the LTE-Sim [12] , this factor is fixed equal to 0. This means the MQS is infinite. Hence the MQS is not considered in the scheduling process. However, in fact, the MQS should be finite. If the MQS value is infinite then the delay will increase and the congestion could be thus increased. Therefore, the MQS should be considered as a necessary factor in the metric of the scheduling algorithms. Applications, Vol. 7, No. 7, 2016 563 | P a g e www.ijacsa.thesai.org
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The lack of LTE-Sim software is that it only supports G.729 codec while VoLTE uses AMR-WB codec. G.729 has only an unique mode which has the bitrate of 8 kbps and the packet size of 32 bytes generated in each 20 ms while AMR-WB has 9 modes. In fact, modes of AMR-WB are changed according to channel condition (i.e. C/I ratio). So, the user perception is calculated at scheduled instant. In the proposed scheduling scheme, we proposed to complement AMR-WB codec into LTE-Sim by reconfiguring some parameters and modifying essential source codes. With the presence of AMR-WB, we can simulate VoLTE traffic more easily.
The primary idea of the proposed scheduler is the consideration of user satisfaction (MOS) and the MQS factor (called also Q i,max ) included into the metric of the scheduling algorithm. This means the higher MOS and the lower (Q i,max − Q i ) values, the higher priority for the UE. The fixed maximum time D HOL,i and the maximum probability δ i are included in the Equations (4) and (6) to calculate the factors of I d,wb , I e,wb , respectively. The metric in the proposed scheduling scheme for voice users is defined as follows:
Where:
• Q i , τ i , r i,j andR i are similar to ones in the previous formulas;
• Q i,max : The MQS of the user i. This value can be obtained in bytes via some functions in LTE-Sim [12] .
For video and non real-time services, we propose to use the metric of the M-LWDF scheduler. The w i,j is a matrix that offers priority for each RB j assigned to U E i . It is calculated based on the MOS, the remaining queue size (Q i,max − Q i ), the maximum time τ i and the channel condition. MOS is computed at the receiver and is feedbacked to the eNB for making scheduling decision. MOS included in the metric will fully exploit the user perception.
In fact, the AMR-WB mode is dynamically calculated and optimized at the AMR-WB encoder according to channel quality using rate adaptation control algorithm detailed in [15] . The limitation of LTE-Sim is that it supports only G.729 codec for VoIP. Therefore, the proposed scheduler can not get the mode chosen from AMR-WB encoder at Application layer. In order to overtake this issue, we proposed a procedure which allows to choose AMR-WB mode from C/I ration that is available in LTE-Sim. With the proposed procedure, the proposed scheduler can chooses dynamically source codec mode according to channel quality. The threshold values of C/I ratio is chosen according to [23] and [24] . The procedures for choosing AMR-WB mode and calculating the metric of the proposed scheduler are detailed in [11] . The procedure of Update AMR-WB packet size is used to update packet size according to channel condition and is used for all schedulers while the procedure of w ij calculation is used only in the proposed scheduler for calculating the metric.
Secondly, we integrate the VoIP priority mode into the proposed scheduling scheme such as represented on Figure  3 . The algorithm priority mode is only enabled when there is VoIP user in the queue. In order to negative effects on other traffics, the duration of VoIP priority mode is deployed. This is detailed in [8] . The voice traffic is a bursty application which is modeled with an ON/OFF Markov chain [25] . For the video traffic, a tracebased application which generates packets using real video trace files with a bit-rate of 242 kbps was used [26] and it is (IJACSA) International Journal of Advanced Computer Science and Applications, Vol. 7, No. 7, 2016 564 | P a g e www.ijacsa.thesai.org also available in [12] . To attain a real simulation of a video streaming, we used an encoded video sequence "foreman.yuv". The encoded spatial resolution CIF 352×288 with 300 fps has been utilized for the entire simulation.
For the LTE propagation, we use a loss model which is formed by four different models as follows: Path loss, Multipath, Penetration and Shadowing [27] .
• Path loss: P L = 128.1 + 37.6 × log(d), with d is the distance between the UE and the eNB in km;
• Multipath: Jakes model;
• Penetration loss: 10 dB;
• Shadowing: Log-normal distribution with mean 0 dB and standard deviation of 8 dB.
2) Simulation parameters: In this study, we investigate and evaluate the performance of M-LWDF and the proposed schedulers in LTE downlink direction. The reason of this choice is that in [11] , we proposed the metric for non-VoIP users using the metric of M-LWDF scheduler. The simulation process is performed in a single cell with interference, the number of users is in range of 10..50. UEs move randomly with a speed of 30 km/h. In the proposed simulation scenario, we consider each user using a VoIP, a Video, and a INF-BUF flow. This means the proposed scheduler is evaluated in a heterogeneous LTE network with mobility. For assessing the performance of the system, we use LTE-Sim [12] software. This is a open source framework for researchers and academic community. The basic parameters used in the simulation are represented in the Table V. 
B. Performance evaluation
For assessing the performance of the proposed scheduler, we compare it to the M-LWDF scheduler, and to the scheduler proposed in [11] (called WE-MQS scheduler or normal mode). We assess the performance in terms of delay, PLR, cell throughput, FI and SE. The analysis of the simulation results are represented in the following subsection.
1) Delay:
End-to-end delay is the duration required for a packet to be transmitted from source to destination. Figure  4 illustrates the delay of VoIP flow. Such as shown on this figure, the priority mode of the proposed scheduler has the lowest delay when compared to the normal mode and the M-LWDF scheduler. Both modes of the proposed scheduler slightly increase when the NU increase while the M-LWDF heavily increases. In can be said that, when the VoIP priority mode is integrated, the delay decreases significantly. 2) Packet Loss Rate: PLR represents the failure of one or more packets which are not transmitted successfully to destination. Figure 5 represents the PLR of VoLTE traffic. Normally, the PLR increase when the NU increases. In this study, we assess the system performance in a heterogeneous LTE network with mobility. The results on Figure 5 are quite special, specifically for the normal mode, the PLR decreases when the NU increases. This may be due to the not stable in a real system. In general, the priority mode has the lowest PLR in comparison with two remaining others except when the NU equals 30.
For the delay and PLR, it can be concluded that the priority mode is very suitable for VoIP service because it has the best performance. Figure 7 , the FIs of all schedulers are not stable when the NU increases. Normally, the FI decreases when the NU increases. The VoIP priority mode has the best FI when the NU is less than 30 and has the loewest FI when the NU is more than 30. However, the difference is not significant. The normal mode is always of the middle of two others. Figure 8 , the normal mode almost has the lowest SE for all of the NU while the VoIP priority mode has the same SE when compared to the L-MWDF scheduler when the NU is less than 40. When the NU is more than 40, the M-LWDF scheduler has the higher SE in comparison with the VoIP priority mode. However, this increase is not very significant. In this paper, we present a new Channel-, QoS-and QoEAware scheduling scheme with the integration of the VoIP priority mode for voice users in the LTE downlink direction. The main idea in the proposed scheduler is the consideration of user perception (via the MOS score) and the MQS factors into the metric in the proposed scheduler and the presence of VoIP priority mode for VoIP packets. The metric is based on the MOS score, the remaining queue size, the fixed maximum time, and the channel quality. The simulation results show that the proposed scheduler meets QoS requirements for voice services. In addition, it outperforms the M-LWDF scheduler and the normal mode for delay and PLR. With the integration of the VoIP priority mode, the proposed scheduler is enabled, thus, it has the lowest delay and PLR. For the throughput, FI, and SE, in general, it nearly has the same performance when compared to the M-LWDF scheduler. The advantage of the proposed scheduler is that it takes the user satisfaction and the remaining queue size into account and the presence of the VoIP priority mode, thus, it enables the priority for VoIP packets than other traffics. In addition, the proposed scheduler integrates the AMR-WB codec which is mandatory for VoLTE. This overcomes the limitation of the LTE-Sim that it supports only G.729 codec for VoIP application.
It can be said that when considering the MOS and the MQS as factors for the metric in the proposed scheduler and the integration of the VoIP priority mode, the system performance has been improved significantly. Through all simulation results, it can be said that the proposed scheduler has the best performance for VoIP users. Therefore, it is can be said that the proposed scheduler is very suitable and efficient for voice services in the LTE downlink direction. For the future work, we will build a framework to measure voice quality for the proposed scheduler.
